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VOICE SWITCHING SYSTEM CAPABLE OF IMPROVING A QUALITY OF 
CONVERSATION 

Background of the Invention: 
This invention relates to a voice switching 
system for use in a teleconference system, a hand-free 
telephone system, and the like. 

An example of such a voice switching system used 
conventionally in an electronic conference system is 
exemplified, as a first prior art, in unexamined Japanese 
Patent Publication No.Hei 1 245661, namely, 245661/1989. 
The publication paper discloses a howling compression device 
which compares a transmission signal level with a reception 
signal level so as to detect whether or not a difference 
between both levels exceeds a predetermined value. When the 
difference exceeds the predetermined value, the howling 
compression device either the transmission signal or the 
reception signal which is delected to be lower in level. On 
the other hand, the howling compression device prevents an 
echo canceller from amending an estimated impulse response, 
when the transmission signal level is detected to be higher 
than the reception signal level. 

Another example of such a conventional voice 
switching system is exemplified, as a second prior art, in 
unexamined Japanese Patent Publication No.Hei 6-253001, 
namely, 253001/1994. The publication paper discloses a 
voice control circuit vhich prevents a voice system of a 
teleconference system from an erroneous operation due to a 
change of a transmitting input level dependent on an amount 



of echo suppression by an echo canceller. For this purpose, 
in the voice control circuit, from an aforeheari section nf 
an echo canceller, an input level of a transmission signal 
is detected by a transmitting input level detector vhile a 
reception signal level is detected by a receiving Input level 
detector. A detection output of the transmitting input 
level detector is then compared with that of the receiving 
input level detector by the use of a comparator. Dependent 
on a result of the comparison, an amount of attenuation by 
a transmission signal attenuator or a reception signal 
attenuator is adjusted in the voice control circuit disclosed 
in the publication paper. 

Still another example of such a conventional 
voice switching system is exeiup 1 i fi ed , as a third prior art, 
in unexamined Japanese Patent Publication .No.Hei 4-22249, 
namely, 22249/1392. The publication paper discloses a 
loudspeaking telephone system which coutrolls an amount of 
attenuation of a variable attenuator only by voices through 
a line in which an echo is cancelled. Namely, in the 
loudspeaking telephone system, an output of a microphone is 
attenuated by a primary variable attenuator and then, an 
output of the primary variable attenuator is sent to a line. 
A voice received through the line is attenuated by a secondary 
variable attenuator to be supplied to a speaker. Thus, an 
amount of attenuation of the primary and the secondary 
variable attenuators are controlled by the received voice of 
which an echo is cancelled in the line. 

However, all of a first, a second or a third prior 
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art disclosed in each of the above-mentioned publication 
uaoers are such techniques as suppressing howling. As will 
later be described more in detail, an unmatch of timing is 
inevitably caused to occur between a signal to be attenuated 
5 and a reference signal for determining an amount of 
attenuation, when a certain delay exists in either the signal 
to be attenuated or the reference signal. As a result, an 
attenuation is inserted within a conversation at an 
unappropr iate timing to deteriorate a quality of the 
10 conversation. 

Summary of the Invention: 
It is therefore an object of the present invention 
to provide a voice switching system which is capable of an 
appropriate switchiu.se Lo improve a quality of a conversation. 

is Other objects of the present invention will 

bscoie clear as the description proceeds. 

According to an aspect of the present invention, 
there is provided a voice switching system comprising: 
transmitting side attenuation means for attenuating a 

20 microphone input voice signal having a first level to produce 
a transmitting voice signal having a second level; 
receiving side attenuation means for attenuating a receiving 
voice signal having a third level to produce a speaker output 
voice signal having a fourth level; transmitting side 

25 control means for comparing the first level of the microphone 
input voice signal with the fourth level of the speaker output 
voice signal to obtain a primary difference therebetween, the 
transmitting side control means controlling, dependent on 



the primary difference, an amount of attenuation of the 
microphone input voice signal in the transmitting side 
attenuation means; and receiving side control means for 
comparing the second level of the transmitting voice signal 
u with the third level of the receiving voice signal to obtain 
a secondary difference therebetween, the receiving side 
control means controlling, dependent on the secondary 
difference, an amount of attenuation of the receiving voice 
signal in the receiving side attenuation means. 
10 The receiving side control means may further 

comprise: a transmitting aide signal delay buffer for 
providing" the transmitting voice signal with a delay time, 
the delay time corresponding to a time for which the 
transmitting voice signal returns as the receiving voice 
15 signal through a communication I ins; a transmitting side 
signal power estimation section for estimating a signal power 
of the transmitting voice signal outputted from the 
transmi L t ins side signal delay buffer; a receiving side 
signal power estimation section for estimating a signal power 
20 of the receiving voice signal; a first comparator for 
comparing a primary estimated signal power of the 
transmitting voice signal estimated by the transmitting side 
signal power estimation section with a secondary estimated 
signal power of the receiving voice signal estimated by the 
2n receiving si dp signal power estimation section to obtain, a 
ratio therebetween; and a first attenuation amount 
calculation means for calculating an amount of attenuation 
in the receiving side attenuation means based on the ratio 



outputted from the first comparator. 

The receiving voice signal inputted to the 
receiving side signal power estimation section may be silent 
at the initial time vh.cn the transmitting voice signal is 
5 inputted to the transmitt in* side signal delay buffer. 

The transmitting side control means lay further 
comprise: a microphone input power estimation section for 
estimating a signal power of the microphone input voice 
signal; a speaker output signal delay buffer for providing 
10 the speaker output voice signal with a delay time, the delay 
time corresponding to a time for which a voice uulputled from 
the speaker becomes the microphone input voice signal by a 
sound coupling with the microphone; a first speaker output 
power estimation section for estimating a signal power of the 
io speaker output voice signal outputted from the speaker output 
signal delay buffer; a second comparator for comparing an 
estimated signal pover of the microphone input voice signal 
estimated by the Microphone input power estimation section 
with an estimated signal pover of the speaker output voice 
20 signal estimated by the first speaker output pover estimation 
section to obtain a ratio therebetween; and a second 
attenuation amount calculation means for calculating an 
amount of attenuation in the transmitting side attenuation 
means based on the ratio outputted from the second 
25 comparator. 

The microphone input voice signal inputted to the 
microphone input power estimation section may be silent at 
the initial time when the speaker output voice signal is 
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inputted to the speaker output signal delay buffer. 

According to another aspect of the present 
invention, there is provided a voice switching system of the 
type described, in which the transmitting side control means 
5 may further comprise: a reverberation echo power 
estimation section for estimating a signal power of a 
reverberation echo signal obtained by the microphone input 
voice sisnal passing through a sound echo canceller: a 
second speaker output power estimation section for 

10 estimating a signal power of the speaker output voice signal 
passing through the sound echo canceller; a third 
comparator for comparing an estimated signal power of the 
reverberation echo signal estimated by the reverberation 
echo power estimation section with an estimated sisnal power 

15 of the speaker output voice signal estimated by the second 
speaker output power estimation section to obtain a ratio 
therebetween; and a third attenuation amount calculation 
aeans for calculating an amount, of attenuation in the 
transmitting side attenuation means based on the ratio 

20 outputted from the third comparator. 

The sound echo canceller may sequentially renew 
an adaptive filter factor stored in an adaptive filter factor 
buffer by the use of the reverberation echo signal and a value 
of an adaptive filter tap input buffer, the reverberation 

25 echo signal being outputted from a subtractor to which the 
microphone input voice signal is inputted, and wherein sum 
of products between the adaptive filler factor of the 
adaptive filter factor buffer and the value of the adaptive 



filter tap input buffer is calculated in a sum of products 
operator, a result of the calculation being subtracted by the 
subtractor from the microphone input voice signal, thereby 
the reverberation echo signal being autputted. 

Brief Description of the Drawings: 
Fig. 1 is a block diagram for showing a 
conventional voice switching system; 

Fig. 2 is a block diagrai for showing a voice 
switching system according to a first embodiment of the 
present invention; 

Fig. 3 is a block diagram for showing a reception 
side conrrol section of the voice switching system 
illustrated in Fig. 2; 

Fig. 4 is a characteristic diagrai for shoving a 
relation between a specific amount of attenuation of a 
reception voice pover and that of a transmission voice power 
in an attenuation amount calcurating section of the reception 
side control section illust.rst.eri in Fig. 3; 

Fig. 5 is a block diagram for showing a 
transmission side control section of the voice switching 
system illustrated in Fig. 2; 

Fig. 6 is a characteristic diagram for showing a 
relation between a specific amount of attenuation of a 
speaker output voice power and that of a microphone Input 
voice pover in the transmission side control section 
illustrated in Fig. 5 ; 

Fu. 7 is a block diagram for showing a voice 
switching system according to a second embodiment of the 
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present invention; and 

Fig. 8 is a block diagram for partially shoving 
a sound echo canceller and a transmission side control 
section of the voice switching system illustrated in Fig. 7. 
Detailed Description of the Preferred Embodiments: 

Referring to Fig. 1. description is 3 at first made 
about a conventional voice switch in order to facilitate an 
unders Landing of the present invention. 

Fig. 1 is a block diagram for showing a 
constitution of the conventional voice svitch. 

In Fig. 1, a receiving voice signal received from 
a ?ide of a communication line is inputted into a receiving 
side attenuation section 101 and a control section 103. On 
the other hand, a microphone input voice signal gathered by 
a aicrophone 105 is inputted into the control section 102 and 
a transmitting side attenuation section 102. The control 
section 103 controlls an amount of attenuation in the 
receiving side attenuation section 101 and the transmitting 
side attenuation section 102. By this control, the 
receiving side attenuation section 101 attenuates the 
receiving voice signal to make a voice h?. generated from a 
speaker 104. The speaker 10-1 enlarges the receiving voice 
ail over a room. On the other hand, the transmitting side 
attenuation section 102 attenuates the microphone input 
voice signal inputted from the microphone 105 to make a 
transmitting voice signal be outputted to the side of the 
communication line. 

With reference to Fig. 1 continued, description 
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is made as regards an operation of the conventional voice 
switch. 

In Fig. 1, the control section 103 compares a 
level of the receiving voice signal with that of the 
5 microphone input voice signal inputted from the microphone 
105. As a result of the comparison, the control section 103 
controlls the receiving side attenuation section 101 and the 
transmitting side attenuation section 102 so that either the 
receiving voice signal or the microphone input voice signal 

10 having- a lower level nay further be attenuated. 

Herein, it is assuied that for example, a remote 
end speaker vocalizes, that the receiving voice signal is 
received, and that no voice signal is inputted into the 
microphone 105. The receiving voice signal is enlarged over 

15 the room by the speaker 104 through the receiving side 
attenuation section 101. The voice signal outputtcd from 
the stic-dker 104 turns lo the microphone 105 to be again 
inputted thereinto. When a gain of sound coupling of the 
voice signal turning to the microphone 105 from the speaker 

20 1 04 is saaller than a gain of the control section 103, it is 
determined in the control section 103 that an input, level of 
the transmitting side is smaller than an input level of the 
receiving side. The control section 103 controlls the 
transmitting side attenuation section 102 to make an amount 

25 of attenuation larger. 

Next, it is also assumed that for example, a near 
end speaker vocalizes, that a voice signal is inputted into 
the microphone 105, and that no receiving voice signal is 
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received. The microphone input voice signal is transmitted 
through the transmitting side attenuation section 102. The 
transmitting voice signal thus transmitted returns as the 
receiving voice signal through a sound coupling between the 
5 speaker 104 and the microphone 105 at the remote end side. 
When a gain of the sound coupling between the speaker 104 and 
the microphone 105 is smaller than a fain of the receiving 
side attenuation section 101, it is deteriined in the control 
section 103 that an input level of the receiving side is 

10 smaller than an input level of the transmitting side. The 
control section 103 controlls the receiving side attenuation 
section 101 to make an amount of attenuation larger. 

Hovcvcr, in the conventional voice switch 
illustrated in Fi.tc. 1, as mentioned in the preamble of the 

15 instant specification, an unmatch of timing is inevitably 
caused to occur between a signal to be attenuated and a 
reference signal to which the control section 103 refers for 
determining an amount of attenuation, when a certain delay 
exists in a communication line, for example, in a case that 

20 a processing of voice encoding is inserted therein. A 
certain delay is also generated while a voice outputt.ed from 
a speaker turns to a microphone to become an input voice of 
the microphone) for example, in a case that a signal buffer 
Is inserted preceding- the speaker output or following the 

25 microphone input. In the case, the unmatch of timing is also 
caused to occur betveen the signal to be attenuated and the 
reference signal. An attenuation is inserted within a 
conversation at an unappropriate timing to deteriorate a 
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quality of z h e conversation. 

Now, referring to Figs. 2 through 6, description 
vi 1 1 proceed to a voice switch according to a first embodiment 
of the present invention. 
5 FU. 2 is a block dicuraia for shoving a 

constitution of the voice switch according to the first 
cabodiacnt . 

In Fig. 2, a receiving voice signal A transmitted 
from an uni 1 lustrated communication line is inputted into a 

10 receiving side attenuation section 1 and a receiving side 
control section 3a. A transmitting voice signal D 
attenuated by a transmitting side attenuation section I is 
also inputted into the receiving side control section 3a. 
The transmitting voice signal D is transmitted to the 

15 l! n n 1 us t.ra t eri communication line. 

Thus, the receiving voice signal A and the 
transmitting voice signal D being inputted, the receiving 
side control section 3a compares a level of the receiving 
voice signal A and that of the transmitting voice signal 0 

20 to detect a difference therebetween. Dependent on the 
difference thus detected, the receiving side control section 
3a controlls an amount of attenuation in the receiving side 
attenuation section 1. The receiving aide attenuation 
section 1 attenuates the receiving voice signal A to produce 

25 a speaker output voice signal B. The speaker output voice 
signal B is transmitted to a 3pcakcr 4 and a transmitting side 
control section 3b. On the other hand, a voice spreading 
from the speaker 4 and a voice signal produced by a. near end 
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speaker are gathered by 2. sicrcphone 5 to produce a microphone 
input voice signal C. The mi r rnphnne input, voire signal C 
is inputted to the transmitting side attenuation section 2 
and the transmitting side control section 3b. The 
5 transmitting side control section 3b compares a level of the 
sicrophons input voice signal C and that of the speaker output 
voice signal B to detect a difference therebetween. 
DsuK.'idsut or. the difference thus detected, the transmitting 
side control section 3b controlls an amount of attenuation 
10 in the transmitting side attenuation section 2. The 
transmitting side attenuation section 2 produces the 
transmitting voice signal D. Attenuated by the 

transmitting side attenuation section 2, the transmitting 
voice signal D is transmitted to the un illustrated 
15 communication line. 

Next, referring to Figs. 3 and 4, detailed 
description is made about the receiving side cuntrol sectiun 
3a illustrated in Fig 2 . 

Fig. 3 is a block diagraa for shoving an internal 
20 constitution of the receiving side control section 3a. 

In Fig. 3, the receiving voice, signal A is 
inputted to a receiving side signal power estimation section 
32. On the other hand, the transmitting voice signal D is 
Inputted to a transmitting side signal delay buffer 34. An 
25 output of the transmitting side signal delay buffer 34 is 
inputted to a transmitting side signal power estimation 
section 33. An output of the receiving side signal power 
estimation section 32 and an output of the transmitting side 
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signal power estimation section 33 are both inputted to a 
comparator 31 to be compared with each nthsr. An output, of 
the comparator 31 is inputted to an attenuation amount 
c a 1 cu I at i on a e c t i on 30 . The at t enuat i on amount c a 1 c u 1 a t i on 
o section 30 outputs a receiving side attenuation amount F. 
The receiving side attenuation amount F is inputted to the 
receiving side attenuation section 1 illustrated in Fig. 2. 

The receiving side signal power estimation 
section 32 estimates a voice signal pover which is through 
10 the uni 1 luatrated communication line (lefthand side of Fig. 
2) and which is produced by a remote end speaker. The 
receiving side signai pover estimation section 32 outputs the 
estimated voice signal power to the comparator 31. The 
transmit! ins? side signal power estimation section 33 
15 estimates a voice signal power of the transmitting voice 
signal D which is delayed through the transmitting side 
signal delay buffer 34. The transmitting side signal power 
e s r. i ths r. i nn s^rrinn 33 outputs the estimated voice signal 
power to the comparator 31. 
20 The comparator 31 compares the estimated voice 

signal power outputfed from the receiving side signal power 
estimation section 32 with the estimated voice signal pover 
outputted from the transmitting side signal power estimation 
section 33 to detect a rat. in between the both estimated voice 
25 signai power. The ratio thus detected is outputted to the 
attenuation amount calculation section 30. The attenuation 
amount calculation section 30 calculates and produces a 
receiving side attenuation amount based on the ratio of the 



14 



both voice signal power inputted from the comparator 31. 

A relation between the ratio and an output of the 
attenuation amount calculation section 30 is 3 for example, 
shown by a graph in Fig. 4. fig. 4 shows the graph in which 
the ratio is depicted in a quadrature axis while the amount 
of attenuation is depicted in an axis of ordinat.es. As 
clearly shown in Fig. 4, the amount of attenuation becomes 
large when the ratio is small. On the contrary, the amount 
of attenuation becomes small when the ratio 1s large. 

Further, referring to Figs. 5 and 6, detailed 
description is made as regards the transmitting side control 
section 3b Illustrated in Fig 2. 

Fig. 5 is a block diagram for showing an internal 
constitution of the transmitting side control section 3b. 

In Fig. 5, the speaker output voice signal B 
outputted from the receiving side attenuation section 1 in 
Fig. 2 is inputted to a speaker output signal delay buffer 
44. The speaker output signal delay buffer 44 delays the 
speaker output voice signal B to be outputted to a speaker 
output power estimation section 43. The speaker output 
power estimation section 43 estimates a power of the speaker 
output voice signal B delayed by the speaker output, signal 
delay buffer 44. The estimated power 13 outputted from the 
speaker output power estimation section 43 to the comparator 
41. On the other hand; a microphone input voir a .signal C 
inputted from the microphone 5 illustrated in Fig. 2 is 
inputted to the microphone input power estimation section 42. 
Th* 2 mi mop hone input pnv?r pst intat ion section 42 estimates 
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a voice signal pover which is corresponding to the speaker 
4 and the microphone 5 illustrated in Fig. 2 and which is 
produced by a near end speaker. The microphone input power 
estimation section 42 outputs the estimated voice signal 
o power to the comparator 41. The comparator 41 compares the 
estimated voice signal power of the speaker output voice 
signal B outputtcd from the speaker output power estimation 
section 43 with the estimated voice signal power produced by 
the nA»r end speaker outputted from the microphone input 

10 power estimation section 42 to detect a ratio between the both 
estimated voice signal power. The ratio thus detected is 
outputted to thp attenuation amount calculation section 40. 
The attenuation amount calculation section 40 calculates and 
produces a transmitting side attenuation amount based on the 

is ratio of the both voice signal power inputted from the 
comparator 41. The transmitting side attenuation amount is 
outputted to the transmitting side attenuation section 2 
illustrated in Fig. 2. 

A relation between the ratio and an output of the 

20 attenuation amount calculation section 40 is, for example, 
shown by a graph in Fig. 6. Tig. 6 shows the graph in which 
the ratio is depicted in a quadrature axis while the amount 
of attenuation is depicted in an axis of ordinates. As 
clearly shown in Fi?. 6. the amount of attenuation becomes 

25 small when the ratio is small. On the contrary, the amount 
of attenuation becomes large when the ratio is large. 

With reference to FUs. 2, 3 and 5 continued, 
description is made as regards an operation of the voice 
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switch according to the first embodiment of the present 
invention. First, a control of the receiving side 
attenuation section 1 is hereinunder described. Herein, it 
is assumed that the microphone input voice signal C gathered 
by the microphone 5 and outputted therefrom exists, and that 
the receiving voice signal A transmitted through the 
communication line does not exist, namely is silent. In 
this time, the microphone input voice signal C is inputted 
to the t ran. salt ting side control section 3 b and the 
transmitting side attenuation section 2. Since the speaker 
output voice signal B is no I inputted Lo the transmitting side 
control section 3b from the receiving side attenuation 
section 1, the transmitting side control section 3b outputs 
a small amount of transmitting side atteuualion lo Che 
transmitting side attenuation section 2. As a result, the 
transmitting side attenuation section 2 scarcely attenuates 
any microphone input voice signal C but outputs the 
transmitting' voice signal D t.n the communication line as a 
transmission signal. The transmitting voice signal D 
outputted to the communication line is subjected to a sound 
coupling with an un i 1 lustrateri speaker and an un i 1 1 ust.rated 
microphone at the remote end side. The transmitting voice 
signal D is returned as the receiving voice signal A through 
the communication line. In this case, it takes about 
several hundreds of milliseconds for the transmitting voice 
signal D to be returned as the receiving voice signal A 
through the communication line. 

This returned receiving voice signal A is 



inputted to the receiving side attenuation section 1 and the 
receiving side control section 3a. In the receiving side 
control section 3a illustrated in Fig. 3, the receiving voice 
signal A is inputted to a receiving side signal power 
estimation section 32. The receiving side signal power 
imation section 32 estimates a signal power of the 
receiving voice signal A. Thus estimated signal power of 
the receiving voice signal A is ouLpuUed to the comparator 
31. Dn T h f= other hand, the transmitting voice signal D 
outputted from the transmitting side attenuation section 2 
in Fig. 2 is inputted to the transmitting side signal delay 
buffer .14 of the receiving side control section 3a to be 
delayed therein. The delayed transmitting voice signal D 
is thereafter outputted to the transmitting side signal power 
estimation section .3.3. The transmitting side signal power 
estimation section 33 estimates a signal power of the 
transmitting voice signal D. The estimated signal power of 
the transacting voice signal D is outputted to the 
comparator 31. 

Accordingly, the comparator 31 compares a. signal 
power of the receiving voice signal a and that of the 
transmitting voice signal D. in this comparison by the 
comparator 31, the delayed amount of the transmitting voice 
signal D by the transmitting side signal delay buffer 34 is 
adjusted to be equal to a delayed amount due to the 
communication line. In other words, the delayed amount of 
the transmitting voice signal D by the transmitting side 
signal delay buffer 34 is adjusted to be equal to the delayed 
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amount (In this example, several hundreds of nii 1 1 isecunds , 
as sectioned ahnvO which is generated until the transmitting 
voice signal is subjected to sound coupling by the speaker 
and the microphone vith a voice produced by a remote end 
speaker through the communication line and again returned as 
the receiving voice signal A through the communication line. 
When a gain of the sound coupling does not exceed "I s , the 
comparator 31 outputs such a signal as increasing an amount 
of attenuation to the attenuation amount calculation section 
30. The attenuation amount calculation section 30 outputs 
a large amount of receiving side attenuation F based on the 
output by the comparator 31, namely, based on a ratio between 
both the signal p o v e r 3 of the receiving voice signal A and 
the t ran sm i t L in? voice signal D. The large amount of 
receiving side attenuation F is outputted to the receiving 
side attenuation section 1 in Fig. 2. Therefore, the 
speaker output voice signal B oulpulled from the receiving 
side attenuation section 1 is never outputted as the 
receiving voice signal A which is corresponding to the 
transmitting voice signal D returned through the 
rnnTTiunioation line. As a result, any voice of , the receiving 
voice signal A is not outputted from the speaker 4. 

Next, a control of the transmitting side 
attenuation section 2 is herein under described. Herein, it 
is assumed that the receiving voice signal A is inputted to 
the receiving side control section 3a through the 
communication line in Fig. 2, and that the microphone input 
voice signai C inputted through the microphone 5 is silent. 
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In this case, the receiving side control section 3a requests 
a small amount of attenuation to the receiving side 
attenuation section 1. Consequently, any receiving voice 
signal A is scarcely attenuated by the receiving 1 side 
5 attenuation section 1 and is cutputted therefrom to the 
speaker 4 and the transmitting side control section. 3b as the 
speaker output voice signal B. The speaker output voice 
signal B supplied to the speaker 4 from the receiving side 
attenuation section 1 drives the speaker 4 to produce a voice. 

10 Through a sound coupling between the speaker 4 and the 
microphone 5, the vuice turns from the speaker 4 to the 
Tti crop hone 5 as depicted by a dotted line in Fig. 2 to be a 
aicrophone input. Froi the production of the voice to the 
sound coupling by which the voice is gathered with the 

in microphone 5 , delay is inevitably caused to occur. On the 
other hand, the speaker output voice signal B is inputted to 
the transmitting side control section 3b illustrated in Fig. 
5 . The speaker output voire signal R is therein delayed by 
the speaker output signal delay buffer -14 to be inputted to 

20 the speaker output power estimation section 43. An amount 
of delay by the speaker output signal delay buffer 44 is 
adjusted to be equal to a delay time which is generated until 
the speaker output voice signal B is outputted from the 
speaker 4 as a voice and is gathered by the microphone 5 to 

25 be outputted as the microphone input voice signal C with a 
sound coupling between the speaker and the microphone. 



delay buffer 44, the speaker output voice signal B is inputted 



After being delayed by the speaker output signal 
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to the speaker output power estimation section 43, as 
mentioned above. Therein, a signal power of t.hs speaker 
output voice signal B is estimated. As a result, the 
estimated signal power of the speaker output voice signal B 
is inputted to the comparator 41. On the other hand, the 
microphone input voice signal C outputted from the microphone 
5 is inputted to the microphone input power estimation 
section 42. Therein, a signal power of the microphone input 
voice signal C is estimated. As a result, the estimated 
signal power of the microphone input voice signal C is 
inputted to the comparator 41. Accordingly, the comparator 
41 compares the estimated signal power of the speaker output 
voice 3ignal B with the estimated 3ignal power of the 
microphone input voice signal C. 

In this comparison by the comparator 41, when a 
gain of the sound coupling between the speaker 4 and the 
microphone 5 does not exceed "1", the comparator 41 outputs 
such a signal as increasing an amount of attenuation to the 
attenuation amount calculation section 40. Based on the 
result of the comparison by the comparator 41, the 
attenuation amount calculation section 40 i calculates a 
transmitting side attenuation amount E to be outputted to the 
transmitting side attenuation section 2. Accordingly, the 
trans mitring side attenuation section 2 largely attenuates 
the microphone input voice signal C with reference to the 
transmitting side attenuation amount E. Therefore, even if 
a voice outputted from the speaker 4 turn to the microphone 
3 and is gathered thereby, the voice is largely attenuated 
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by the transmitting side attenuation section 2 . As a result, 
the microphone input voice signal C 1s never included in the 
transmitting voice signal D. Thus, in the voice switch 
according to the first embodiment, even if delay is generated 
•5 in a communication line or delay is generated until a voice 
outputted from the speaker 4 turns to the microphone 5 to 
become a microphone input, the receiving side control section 
3a arid the t ransm i tt i ng side control section 3b are capable 
of adequate switching operations, respectively. 
10 Accordingly) a quality of conversation is so improved. 

Referring Lo Figs. 7 and 8, description will 
proceed tc a voice switch according to a second embodiment 
of the present invention. 

Fig. 7 is a block diagram for showing a 
15 constitution of the voice switch according to the second 
embodiment. 

As illustrated in Fig. 7, the voice switch 
according tn the second embodiment has a structure similar 
to that of the first embodiment. Similar portions are 
20 designated by like reference numerals. 

As will he clearly understood by comparing Fig. 
7 with Fig. 2, a reference numeral 3c different from that of 
Fig. 2 is attached to a transmitting side control section in 
Fig. 7. Moreover, a sound echo canceller 6 is further 
25 provided in addition to the constitution of Fig. 2. A 
control of the transmitting side control section 3c is 
related Lo the sound echo canceller 6. 

Namely, the speaker output voice signal B 
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outputted from the receiving side attenuation section 1 is 
not only outputted to the speaker i hut also inputted to the 
transmitting side control section 3c through the sound echo 
canceller 6. On the other hand, the microphone input voice 
signal C outputted from the microphone 5 is also inputted to 
the sound echo canceller 6 to be outputted therefrom as a 
reverberation echo signal G. The reverberation echo signal 
C* is supplied to both the transmitting aide attenuation 
section 2 and the transmitting side control section 3c. 
Other portions are similar to those of the first embodiment 
illustrated in Fig. 2. 

Referring to Fig, 8 with reference to Fig. 7 
continued, description is made as regards the sound echo 
canceller 6 and the transmitting- side control section 3c. 
Fig. R is a block diagram for shoving internal constitutions 
of the sound echo canceller 6 and the transmitting side 
control section 3c. 

As illustrated in Fig. 8, the transmitting side 
control section 3c comprises an attenuation amount 
calculation section 50, a comparator 51, a reverberation echo 
pover estimation section 5 2, and a speaker output power 
estimation section 53. On the other hand, the sound echo 
canceller 6 comprises an adaptive filter 01 and a subtracter 
65. The adaptive filter 61 comprises an adaptive filter tap 
input buffer 62, sum of products operator 63 and an adaptive 
filter factor buffer 64. The above-mentioned microphone 
input voice signal C outputted from the microphone 5 is 
inputted to the subtracter 65. Further, an output of the 
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3 us of products operator 63 is also inputted to the subtracter 

As 3hovn in Fig. S . the reverberation echo signal 
G is outputted not only to the reverberation echo power 
5 estimation section 52 in the transmitting side control 
section 3c but also to the adaptive filter 6 1 in the sound 
echo canceller 6. The speaker output voice signal B 
outpuUed fron the transmitting side attenuation section 1 
illustrated in tig. 7 is inputted to the adaptive filter tap 
:0 input buffer 52. An output of the adaptive filter tap input 
buffer 52 is inputted to the speaker output power estimation 
section 53. 

The adaptive filter 61 sequentially renews an 
adaptive filter factor stored in the adaptive filter factor 

1 c buffer 54 by the use of the reverberation echo signal G and 
a value of the adaptive filter tap input buffer 62. The sum 
of products between the adaptive filter factor of the 
adapt, i vft fi iter factor buffer n4 and the value nf the adaptive 
filter tap input buffer 52 is calculated in the sum of 

20 products operator 03. A result of the calculation is 
o u t p i! 1 1 a rl to the s u b t. r a c X n r fin. The s u b t r a c t o r fin subtracts 
the result of the calculation in the sum of products operator 
63 from the microphone input voice signal C to produce the 
reverberation echo signal G. The speaker output power 

25 estimation section 53 estimates a signal power of the speaker 
output voice signal B. The estimated signal power of the 
speaker output voice signal B is outputted to the comparator 
51. The reverberation echo signal G is inputted to the 



reverberation echo pover estimation section 52 in the 
t rans mi 1 1 i iu side control section 3c. The comparator 51 
compares a signal power of the speaker output voice signal 
3 with a signal power of a voice of a near end speaker 
5 outputted from the reverberation echo power estimation 
section 52 to detect a ratio therebetween. The ratio is 
outputted from the comparator 51 to the attenuation amount 
calculation section 50. The attenuation amount calculation 
=; = r.t.ion fin calculate and decide an amount of t.ransmi tr. i ng 
10 side attenuation based on the ratio inputted from the 
comparator 51. The amount of transmitting side attenuation 
is o it t p xi 1 1. pd tn thfi transmitting side attenuation section 2 
in Fig. 7 . 

In the second embodiment, the adaptive filter tap 
in input buffer 62 in Fig. 8 functions similarly to the speaker 
output signal delay buffer 44 in the first embodiment. 
Accordin?ly ; the speaker outpu-t signal delay buffer 44 in the 
first embodiment can be replaced with the adaptive filler Lap 
input buffer 62. With this structure, in vhich the voice 
20 switch of the present invention is used together Kith the 
sound echo canceller 6, the speaker output signal delay 
buffer required for delaying the speaker output voice signal 
can be omitted. Further, with reference to a result of study 
of factors in the adaptive filler 61, an amount of delay of 
25 the speaker output voice signal B can be controlled. 

As described above, according to the present 
invention, a level of the speaker output voice signal and a 
level of the microphone input voire signal are compared with 
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each other in the L ran urn I L L i a* side control section. 
Dene n dent on a difference between the both levels, the level 
of the m i c rophonc input voice signal is attenuated to obtain 
the transmitting voice signal. Further, a level of the 
5 receiving voice signal and a level of the transmitting voice 
signal are compared with each other in the receiving side 
control section. Dependent on a difference between the both 
levels, thf level of The r e c p i v i n g v n i r. a signal is attenuated 
to obtain the speaker output voice signal. Therefore ; even 

10 if a delay is generated until a voice outputted from the 
speaker turns to the microphone to ha come the microphone 
input voice signal, or even if a delay exists in the side of 
a co23unication line, switching operations can be carried out 
adequately. Accordingly, a quality of conversation can be 

15 further improved. 

While the present invention has thus far been 
described in conjunction with only a preferred embod linen L 
thereof, it will now be readily possible for one skilled in 
the art to put the present invention into effect in various 

20 other manners. 
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What is claimed is; 

1. A voice switching system comprising: 

t ransm i tti ng side attenuation means for attenuating a 
aicrophone input voice signal having a first level to produce 
a transmitting voice signal having a second level; 
G receiving side attenuation means for attenuating a 

receiving voice signal having a third level to produce a 
speaker output voice signal having a fourth level; 

transmitting side control means for comparing said 
first level of said microphone input voice signal with said 

10 fourth ievsi of said speaker output voice signal to obtain 
a primary difference therebetween, said transmitting side 
cunlrol means control 1 i a ^ , dependent on said primary 
difference, an amount of attenuation of said microphone input 
voice signal in said transmitting side attenuation means; and 

15 receiving side control means for comparing said second 

lev si of said transmitting voice signal with said third level 
of said receiving voice signal to obtain a secondary 
difference therebetween, said receiving side control means 
controlling, dependent nn said secondary difference, an 

20 amount of attenuation of said receiving voice signal in said 
receiving side attenuation means. 

2. A voice switching system as claimed in claim 1, said 
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receiving side control means further comprising: 

a transmitting side signal delay buffer for providing 
said transmitting voice signal with a delay tine, said delay 
■j time corresponding to a time for which said transmitting 
voice signal returns as said receiving voice signal through 
a communication line; 

a transmitting side signal power estimation section for 
estimating a signal power of said transmitting v n i c a signal 
10 outputted from said transmitting side signal delay buffer; 

a receiving side signal power estimation section for 
estimating a signal power of said receiving voice signal; 

a first comparator for comparing a primary estimated 
signal power of said transmitting voice signal estimated by 
lo said transmitting side signal power estimation section with 
a secondary estimated signal power of said receiving voice 
signal estimated by said receiving side signal power 
estimation section to obtain a ratio therebetween; and 

a first attenuation amount calculation means for 
2C calculating an amount of attenuation in said receiving side 
attenuation means based on said ratio outputted from said 
first comparator. 

3. A voice switching system as claimed in claii 2, wherein 
said receiving voice signal inputted to said receiving side 
signal power estimation section is silent at the initial time 
when said transmitting voice signal is inputted to said 
n transmitting side signal delay buffer. 



a? 

4. A voice switching system as claimed in claim 1, said 
transmitting 1 side control means further comprising: 

a microphone input power estimation section for 
estimating a signal pover of said microphone input voice 

a speaker output signal delay buffer for providing said 
speaker output voice signal with a delay tine, said delay time 
corresponding' to a tiie for which a voice outputted from said 
speaker becomes said microphone input voice signal by a sound 

10 coupling vith said microphone; 

a first speaker output power estimation section for 
estimating a signal pover of said speaker output voice signal 
outputted from said speaker output signal delay buffer; 
a second comparator for comparing an estimated signal 

15 pover of said microphone input voice signal estimated by said 
microphone input pover estimation section with an estimated 
signal power of said speaker output voice signal estimated 
by id first speaker output power estimation section to 
obtain a ratio therebetween; and 

20 a second attenuation amount calculation means for 

calculating an amount of attenuation in .said transmitting 
side attenuation means based on said ratio outputted from 
said second comparator. 

5. A voice switching system as claimed in claim 4. vherein 
said microphone input voice signal inputted to said 
microphone input power estimation section is silent at the 
initial time when said speaker output voice signal is 
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inputted to said speaker output signal delay buffer. 

6 . A voice switching system as claimed in claim 1, said 
transmitting side control means further comprising: 

a reverberation echo power estimation section for 
estimating a signal pover of a reverberation echo signal 
obtained by said microphone input voice signal passing 
thru us h a sound echo canceller; 

a second speaker output power estimation sent. ion for 
c st isat ir.g a signal power of said speaker output voice signal 
passing through said sound echo canceller; 

a third comparator for comparing an estimated signal 
pover of said reverberation echo signal estimated by said 
reverberation echo power estimation section with an 
estimated signal power nf said speaker output voice signal 
estimated by said second speaker output power estimation 
section to obtain a ratio therebetween; and 

a third attenuation amount calculation means for 
calculating an amount of attenuation in said transmitting 
side attenuation means based on said ratio outputted from 
said third comparator. 

7. A voice switching system as claimed in claim 6, wherein 
said sound echo canceller sequentially renews an adaptive 
filter factor stored in an adaptive filter factor buffer by 
the use of said reverberation echo signal and a value of an 
adaptive filter tap input buffer, said reverberation echo 
signal being outputted from a subtracter to which said 
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microphone input voice signal is inputted, and wherein. sum 
of products between said adaptive filter factor of said 
adaptive filter factor buffer and said value of said adaptive 
filter tap input buffer is calculated in a 3um of products 
operator, a result of the calculation being subtracted by 
said subtractor from said microphone input voice signal, 
thereby said reverberation echo signal being outputted. 
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Abstract of the Disclosure: 



In a voice switch, a r e c e i v i n < voice signal and a 
t. ransmi * t i n r voice signal are inputted to a receiving side 
control section, the receiving side control section 
thereby produces a signal for controlling an amount uf 
attenuation 1n a receiving side attenuation section. As a 
result, the receiving side attenuation section attenuates 
the receiving voice signal by a predetermined amount to 
produce a speaker output voice signal for driving a speaker. 
A speaker output voice signal and a microphone input voice 
signal are inputted to a transmitting side control section, 
the transmitting side control section thereby produces a 
signal for controlling an aaount of attenuation in a 
t ran se i t t i ng side attenuation section. Consequently, the 
transmitting side attenuation section attenuates the speaker 
output voice signal by a predetermined amount to produce the 
transmitting voice signal. 
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